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[57] ABSTRACT 

A receiver for a digital transmission system in which 
transmitted data contain a training data sequence, and 
the receiver stores a copy of that sequence as it was 
transmitted. A channel impulse response is estimated 
based on thb stored copy. The received training data 
sequence is compared wi^ a version of the stored copy 
that has been modified by the estimated impulse re- 
spoxise, and an estimate of the receiving quality is 
formed based on the degree of match with the modified 
version. 

17 Claims, 4 Drawing Sheets 
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1 2 

For estimating the receiving quality of input signals 

RECEIVER FOR A DIGITAL TRANSMISSION to be processed digitally, the measurement of the bit 

SYSTEM error rate of the detected dato symbols would particu- 
larly correspond to the selected signal proces^g. 

BACKGROUND OF THE INVENTION 5 However, this is very costly. 

1. Field of the Invention SUMMARY OF THE INVENTION 
The invention relates to a receiver for a digital trans- _ . . /^u * • ^ . j 

mission system, in which transmitted data^tain a . ».J? " °J ^^^^^^ to provide a 

training data sequence from which a chamiel impulse ,„ «gmf.cant estoatton of the rec«vmg quahty m a re- 

respond for thTtransmit ch«mel is estimated in a chan- '° f«^" *^ mentioned m the opemng paragraph 

, . -.J ma most smiole manner, 

ncl estimator with the aid of a trammg data sequence — . . . . K , . j ..v * *^ « 

^ , . ^, . © rpjj^ object IS achieved m that an estimated sequence 

stored m the recover. ^ t . i • . j • * ' ^ 

*r% *-j r.uBi.jA^ for the received trammg data sequence IS detcrmmed by 

2. Description of the Related Art - , , , , . 

* *^«>vi *v<.«iicu V jj^^ estimated channel impulse response on the 

^J^^^^^^^^^^"^.^^^^^^^ 13 basis of the training data sequeiL stored in the re- 

the ftiture Pan-European mobile radio system. In Uus ^ ^ degreTif match of the estimated 

mobUe radio system speech si^ are co-transmitted m ^ ^^^^ ^ 

digitized form with other digital signals accordmg to a sequence is determined. 

time^iNosion multiple-access method. A transinittcr of ^ estimation criterion calculated by means of the 
the mobiJe radio system transmits these date which are ^ of the estimated training date sequence 
appropnately modulated. As a result of reflections and received training dato sequence is tdvanto- 
multipath propagation on the transmission path, the ttctiving quality as such but 
transmitted signal reaches the recover m vanous super- ^ possibility to equalize the received signal is 
posed signal portions which have different delays and estimated. Since this estimation criterion depends both 
phase shifts. This phenomenon distorts the transmitted 23 on the actual channel properties of the transmission 
signal. These distortions cause the date symbols con- channel and on the channel estimator used, this estima- 
tained in the received signal to be influoiced by precoJ- ^j^n criterion therefore expresses how well the detected 
mg dato symbols (mtcreymbol mtcrfcrcncc). channel property of the tnmsmission channel can be 
. To detect the ongmally transmitted date symbols it is duphcalcd with the givoi channel esthnator. The better 
necessary to ehmmate these distortions by means of 30 the replica turns out to be, the better in most cases will 
equalization. For this purpose a channel characteristic detected date sequence correspond to the originally 
that describes the transmission path may be provided as transmitted dato sequence, whereas an exact copy of the 
a predetermined value to an adaptive equalizer. How- transmission channel is. impossible were it not for the 
ever, the transmission path between transmitter and noise signals occurring in a stetistically distributed man- 
receiver and consequently, also the channel information 35 ncr in the transmission channel 
describing each transmission path, are changed continu- Jq check the degree of match of the estimated train- 
ously as a result of changes of location of the mobile ^jata sequence with the received training dato se- 
radio receiver. Therefore, this channel characteristic is quence it is advantegeous to fold the stored training 
re-detennined each time by means of a channel mea- (jato sequence, if possible after remodulation, with the 
surement to be performed for each time slot. For this 40 estimated channel impulse response. To express the 
purpose, a training dato sequence having constant dato degree of match of the estimated training dato sequence 
contents is used, with the dato contents of the trainmg ^vith the received Uaining dato sequence in a time slot 
dato sequence being stored in each receiver. This train- an estimate Q is formed which describes the receiving 
ing dato sequence is embedded in each transmitted dato quality, A simple possibility to form this estimate Q is to 
sequence. A channel estimator arranged in each re- 45 calculate the sum of the squared distances between 
cciver estimates a channel impulse response by process- corresponding pairs of elements of the estimated and 
ing the training dato sequence received in a distorted received training dato sequences, 
manner and the training dato sequence stored in undis- it is particularly advantogeous for forming the 
torted form, which response is applied to the equalizer. squared distances, to take into consideration only one 
The measurement of the quality of the received signal 50 number of elements taken from the middle of the train- 
is a major factor in the estimation of the received signal. ing dato sequence. This achieves that only the elements 
For estimating this receiving quality there are possibili- of the result of the folding which are influenced by the 
ties especially known from analog circuit designs. For training dato sequence are taken into consideration for 
example, the signal strength (Held strength measure- the comparison. 

ment) or a signal-to-ndisc ratio may be selected. In S5 An estimation criterion formed in this manner is par- 

DE-OS 34 27 473 to which U.S. Pat. No. 4,578,819 ticularly suitoble for a diversity receiver which com- 

corresponds, for receiving space-division transmitted prises at least two receive loops and a decision circuit 

analog radio signals, in which the siginal-to-noise ratio is for selecting one of these two receive loops, while such 

measured in a manner so that the demodulated audio an estimation criterion is formed for each receive loop, 
signal is applied to a highrpass filter. The amplitude 60 Since also the training dato sequences stored in the 

ratio of the high-pass filtered analog signal (noise com- reccivcr.can be referred to for producing the esttmation 

ponents) to that of the unfiltered analog signal provides criterion, a complete equalization of the received sig- 

a voltoge that approximately corresponds to the signal- nals is not necessary. Therefore, in a particularly advaii- 

to-noise ratio. togeous manner, the signal which is more favourable 
Analog measuring methods of this type arc suitoble 65 according to the estimation criterion can first be se- 

for evaluating a digital receiver only to a limited extent, lected without the received signals being equalized so 

for example, due to the large frequency bandwidth of a that, subsequently, only this single signal needs to be 

digital signal. equalized. 
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*^»r^^ •^^.^^•^i™^^*, «^ ^«rrxi^ A carrier-frcquency input signal received by a re- 

BRffiF DESCRIPTION OF THE DRAWING ^^^^ ^ first converted into the baseband by means of 

The invention will now be further explained and a quadrature mixer (not shown) after the signal has 

described with reference to the exemplary embodiments pas^ through an input stage 20 in which it has been 

shown in the drawing, in which: S amplified and selected. The quadrature signals pro- 

FIG. 1 shows a radio transmission system comprising duced by the quadrature mixer are sampled by means of 

an arrangement for estimating a received signal; a sample-and-hold circuit 21 and converted into digital 

FIG. lA shows a further embodiment using a pro- values Z— za» . . . 2/ by means of an analog-to-digital 

gram-controlled processor for storing and estimating converter 22. The sequence of the sample values of the 

functions; 10 training data sequence X contained in the sample values 

FIG. 2 shows a transversal filter for folding an im- Z will be referenced X' in the following. The conver- 

pulse response of a transmission channel with a stored sion of the received signals into the digitized samples 

training data sequence; enables a digital signal processing. The digitized sample 

FIG. 3 shows a diversity receiver; values are stored in a first random access memory 

FIG. 4 shows a signal frame of a time-division multi- IS (RAM) by means of a synchronizing arrangement (not 

pie-access channel and a time slot having useful data shovm) for the duration of the time slot to be processed 

sub-sequences and training data sequences. by the receiver concerned. The period of time till the 

T^T,^ * TT TT^^^r aTHval of thc next time slot to be processed can now be 

As an exemplary embodiment, a radio transmission The digital signal processing consists of the equaliza- 
system is described which is suitable for use in a future tion and demodulation and the time-division correlative 
Pan-European mobile radio system. This system com- chaimel estimation required for this purpose. In the 
prises 124 frequency channels having a frequency range exemplary embodiment a Viterbi equalizer 25 is used 
from 890 to 915 MHz for the transmission between a 25 for the purpose of equalization and demodulation, 
mobile station and a base station or, in the opposite which equalizer recovers in the receiver the digital 
direction* the frequency range from 935 to 960 MHz for useful information signals transmitted by the transmitter 
the transmission between base station and mobile sta- from the sample values stored in the RAM 23 while 
tion. Each frequency channel has a time-division multi- utilizing the information of the actual channel charac- 
ple-access structure which is represented in the top half 30 teristic. 

of FIG. 4 as a signal frame having eight time slots 0, . . A channel estimator 24 estimates the training signal 
. , 7. A time slot may contain a so-called normal burst, contained in each time slot. Copies of the originally 
a frequency correction burst, a synchronisation burst or transmitted data symbol sequences of thc training data 
an access burst. In the bottom half of FIG. 4 a normal are stored in a read-only memory (ROM) 26 in each 
burst as used for transmitting useful data symbols is 33 receiver. The training data sequence is selected so that 
represented as time slct 3. One of these useful data se- it has a pulse-like autocorrelation function. In this man- 
quences may, for example, be part of a digitized speech ner the channel estimator 24 can easily locate the posi- 
signal. The useful data symbols are embedded in the tion of the training data sequence in the received signal 
time slot between two useful data sub-sequences Dl and by means of conventional algorithms. The structure of 
D2. In the middle of the time slot a training data se- 40 this type of channel estimator for a Viterbi equalizer is 
quence X is embedded between the useful data sub- described, for example, in the paper entitled "Bit syn- 
sequences Dl and D2. At the beginning of the first chronization and timing sensitivity in adaptive Viterbi 
useful data sub-sequence and at the end of the second equalizers for narrow band TDMA digital mobile radio 
useful data sub-sequence there are three more bits systems**, by A. Beier, G. Heinrich, U. Wellens, IEEE 
which may also be used for equalizing the useful data 45 Vehicular Techn. Conf., Philadelphia, 15-17 June 1988, 
sub-sequences. A bit inserted on the left and right of the . pp. 377-384. 

training data sequence does not have any significance in Through the dispersive transmission channel, signals 
this context. The complete burst, however, is shorter r(t-t|), r(t-t2), .... that have different delays ti, tj, . . . 
than the signal frame time slot appropriated to the burst, , compared to a signal r(t) originating from the transmit- 
in order to be able to equalize burst allocation errors SO ter, are superposed at the receiver. This leads to linear 
and delay differences in the transmit chaimel, so that in distortions. After a specific amount of time which de- 
this manner an overlapping of adjacent bursts transmit- pends on the characteristic of the transmission channel, 
ted by different mobUe stations is avoided. the influence of the signal portions arriving at the re- 

The data contents of the time slot are modulated in a ceiver in a delayed manner is no longer important and 
transmitter 1 by means of a Gaussian Minimum Shift 55 need no longer be taken into account for the equaliza- 
Keying (GMSK) technique. Because of this, and be- tion. Advanugeously. the delay to be taken into Be- 
cause of the transport through a dispersive transmission count can be denoted as a number n of data elements 
channel, data signals arrive at the receiver, in which the transmitted within this period of time. By means of 
original data symbols b cannot be retraced. If necessary, cross-correlation of the distorted training data sequence 
estimation ranges can be provided, in which the data 60 X' contained in the input signal with the undistorted 
signals can be assigned to the originally transmitted data training data sequence X stored in the ROM 26, the 
symbols and training signals can be assigned to the channel estimator 24 determines a channel impulse re- 
originally transmitted training data symbols. In order to sponse H(0) which is composed of various parameters 
detect the originally transmitted data symbols, the dis- ho(0) . . . hj^O). The number k + 1 of the parameters is 
tortious of the dispersive transmission channel and the 65 thereby equal to the number n of data symbols to be 
signal distortions deliberately introduced by means of taken into accoimt for the equalization, when it is as- 
the selected modulation are to be eliminated in a suitable sumed that there is one sample value per transmitted 
receiver 2. data symbol. This estimated channel impulse response 
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H(0) is applied to the Vilcrbi equalizer 25 as a vector of estimate of the channel impulse response than a slightly 
input parameters. distorted si^ud for which only a single channel impulse 

In order to form an estimation criterion of the receiv- response suitable under certain conditions can be esti- 
mg quality of received signals, the channel impulse mated. This estimate also implicitly takes into account 
response H(0) is applied to an arrangement 27 for fold- s the noise introduced along the transmission path. Noise 
ing data sequences. To a further input of the arrange- cannot be taken into account by the channel estimator 
mcnt 27 for folding data sequences 27 is applied the consequently, leads to worse results of the estima- 

training data sequence X=xi, . . . . im stored in the ^qj^ which thus lead to higher estimates. 
ROM 26. The arrangement 27 for folding data sequen- estimate S is an absolute magnitude. In some 

ces 27 folds the training data sequence X with the chan- lo ^^ses a reUtive estimate may even be more suitable for 

nel impulse response H(0) into a sequence Y=yi judging the receiving quality, in which estimate the 

yk+m~2 with power of the received signal is related to the estimate S 

or a magnitude derived therefrom. In an improved em- 
_ *+m-2 ^ ^ (1) bodimcnt of the invention the quality ifactor Q is deter- 

^' " ««=o 15 mined for which the energy contents of the received 

training data sequence X' is related to the estimate S. 

Folding the training data sequence X with the channel 

impulse response H(0) thus provides an estimate Y for j 

the undistorted received sigxul portion that contains the ' /' . !fiJ — 

training data sequence. This denotes that only those 20 ^ 2 \yi~x/\ 

distortions are copied which arc caused by the signal 

passing through the dispersive transmission channel- In order to determine the energy contents of the 
Further disturbances like, for example, noise arc disre- received training data sequence X' the squared values of 
garded for this estimation. the individual elements x'iOf this sequence are summed. 

FIG. 2 shows a transversal filter which may suitably 25 The higher the quality factor Q the more disturbance- 
be used for producing the folding result. In this trans- free was the reception of the training data sequence. In 
versal filter the individual elements of the training data this manner the quality factor Q is independent of the 
sequence arc written clock-serially. The transversal received field strength. It is a measure of the mean 
filter comprises a series of connected individual register signal-to-noisc ratio in the time slot under consideration, 
cells 271, with the input of a register cell always being 30 pof completeness' sake it should be observed that 
connected to a preceding register cell, i.e. the input estimation criterion equivalent to the quality factor Q 
thereof, and in this manner a shift register is formed. obtained when the sum of the squared values 

The input of the transversal filter, i.e. the output of the i y 1 2 of the estimated training data sequence Y is related 
register cells 271, is multiplied by the contents of second ^ g. 

register cells 272 in which the coefficients ho, . • • hjt of 35 ^ advantageous in that the calculation of the 

the channel impulse response H(0) are ?.tored. The out- squared values of Y can be simplified in 

puts of all multiplier cells are combined by a summation accordance with the foUowing equation; 
circuit 273 and produce a sub-element y/of the training 

data sequence Y to be estimated. k (4) 

In a summation circuit 28 the difference between I 40 jrp « c- 2 

elements of the actually received training data sequence '=0 
X' and the estimate ofthc training sequence Y described , ^ v - 

hereinbefore is determined. For this purpose, each indi- where the constant C is a value depcndmg on the tram- 
vidual element y/ is assigned to each sample value x'/ ing data sequence X. The calculation of the squared 
from the received signal, and the elements y/, x'/ as- 45 values in accordance with equation (4) requires fewer 
signed to each other are subtracted from each other, calculation steps than an explicit calculation of y/ m 
After the subtraction the difference between the two accordance Svith equation (1) and its subsequent squar- 
elements y^, xV assigned to each other is multiplied by ing. 

their own values. By summing the thus formed squared In the received training data sequence the first k 
dificrences of matching elements, an estimate S is ob- 50 dements of the sample values of the training data se- 
tained which denotes the receiving quality of the re- qucnce are influenced by data symbols ofthc useful data 
ceived signal sub-sequences preceding the training data sequence. 

Therefore, in an improved embodiment only die ele- 
i r (2) ments yjb - • • > ym-2 ai'e produced and compared to the 

^ * ^ X, = 1 Iw - 55 corresponding sample values when the folding is per- 

formed for producing the estimate Y. In this manner the 
The smaller the estimate S, the better the estimated ^^^^ S or. the quahty factor Q only depends on the 
training data sequence corresponds to the appropriate dements ofthetrammg data sequence. In a trammg data 
portion of the received signal comprising the training sequence of similar length it may also be usefiJ m view 
data sequence. When assuming that the channel impulse 60 of calculatmg time to use even fewer elements for the 
response b constant within a time slot, it is permissible comparison and nevertheless obtain a sufficienUy suit- 
to use the estimate S also as an estimate for the remain- able estimate S or quality factor Q. 
ing sample values of the received signal of a time slot. According to linear modulation methods such as, for 
The smaller the estimate S, the greater the probability example, the OMSK modulation used in the exemplary 
that the originally transmitted data bits can be detected 65 embodiment, the distortions deliberately introduced by 
by subsequent equaliTation of the signal. This estimate S the modulation arc eliminated by the channel estimator, 
takes into account, for example, that heavily distorted According to npn-lincar modulation methods the train- 
signals may be equalized better by means of a proper ing daU signal is first to be modulated in the same man- 
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ner as at tlie transmission end before it is applied to the 
arrangement 27 for folding the data sequences. In this 
case it is advantageous to store a modulated signal al- 
ready in the receiver so as to save on modulation cir- 
cuitry. 

In an exemplary embodiment represented in FIG. 3 
the determined qiiality factor Q is used in a diversity 
receiver. In this diversity receiver two complete re- 
ceive loops A and B are structured, a receive loop con- 
sisting of the receive section 20, the sample-and-bold 
circuit 2lt the analog-toKligital converter 22 and the 
RAM 23. By means of a control circuit (not shown) first 
the sample values buffered in the RAM 23a of the first 
receive loop are applied to the single channel estimator 



10 



herembefore comprising a quadrature mixer, both the I 
and Q components of each sample value are stored in 
the RAM In the next stage the signal processor deter- 
mines the channel impulse response H(0) in a known 
mannw by meaus of cross^rreladon of the sample 
values Z stored in the RAM with the training data 
sequence X stored in the ROM. The determined chan- 
nel impulse response H(0) is buffered in a different area 
of the RAM. For a calculation of the estimation crite- 
rion first the training data sequence X is folded with the 
just determined channel impulse response H(0). The 
folding of the two data sequences is then performed in 
accordance with the calculation instruction expressed 
by equation (1). The individual elements of the data 



24. The channel impulse response Hfl(0) produced 13 sequences obtained in this manner are buffered in a 



thereby is buffered and used for calculating the quality 
factor Qfl of the first receive loop A. The calculated 
quality factor Qa is buffered in a first estimate buffer 33. 
Thereafter, the channel impulse response Hj<0) and the 
quality factor of the second receive loop B are calcu- 20 
lated accordingly. These consecutive calculations are 
symbolically shown in FIG. 3 by means of change-over 
switches 31, 32. By means of a comparator 34 it is then 
established which of the two quality factors Q^, Q^has 
the smaller value of the two and the channel impulse 23 
response H(0) and the sample values of the better re- 
ceive loop are applied to the likewise single equalizer 25 
through selecting circuit 35 represented symbolically as 
a switch. 

In contradistinction to the circuit arrangements of 30 
diversity receivers switching on the basis of estimation 
criterions of analog signals, it is ensured with this diver- 
sity receiver that the signal is selected which is more 
suitable for the digital signal processing, i.e. the signal 



further sub-area of the RAM. Subsequently, in accor- 
dance with the calculation instruction expressed by 
equation (2), the assignable elements of the estimated 
training data sequence Y are subtracted from the ele- 
ments of the received training data sequence X', 
squared and added together to form the estimate S. The 
energy contents of the received training daU sequence 
X' are determined according to equation (3) and divided 
by the estimate S. After the signal processor has calcu- 
lated the quality factor Q in the manner described here- 
inbefore, it proceeds in known manner with the further 
digital signal processing of the received data. 

In a receiver presenting diversity reception the signal 
processor determines for each receive branch A, B its 
appropriate estimation criterion Q^, Qb respectively. 
Since the same calculation is to be performed for esti- 
mation criterion Q and only the input data, i.e. the sam- 
ple values of the receive branch A or B are difTerent, it 



data sequence can be expected when compared to the 
other signal. The decisive advantage here is that for 
selecting the better of the two signals, these signals are 
not to be equalized completely as, for example, would 
be the case if for each receive loop a bit error rate were 
recovered from the completely processed signal. 

For calculating the quality factor Q signal processors, 
as are also commonly used for the channel estimator 24 
and for data bit equalization and detection, are preemi 



from which a better replica of the originally transmitted 33 advantageous to perform the calculation of the esti- 

mation cntenon as a sub-program for the program-con- 
trolled processor and to use the sample values of the 
receive branches A and B as parameters the determined 
quality factors Qa and Qb respectively, are buffered in a 
40 random access memory in order to be compared to each 
other. Depending on whicb of the two quality factors is 
the greater, the sample values Za of the receive branch 
A and the sample values of the receive branch B are 

_ selected and tiscd as variables for the further digital 

nentiy'suitabrc fw calculating Uic'cstiia'tc b^'us^ of 43 signal processing known per se by the signal processor, 
the digital sample values and the arithmetic operations The estimate S formed from the received trammg 
with the sample values and the known values of the data sequence X' and the estimated training data se- 
training daU sequence. The circuitry for calculating the q^cnce Y can preferably be used in methods of signal 
estimate is relatively restricted compared to the cir- equalization, in which the individual equalized data 
cuitry for the channel estimator and the equalizer, so 50 dements of a daU sequence are assigned a reliability 
that the calculation of the quality factor can be per- information signal L(b',) for each detected data symbol 
formed by the same signal processor which also per- bV. This reliability information L(b'/) is a measure for 
forms the channel estimation and the equalization. the probability with which the equalizer has decided on 

As a signal processor can be used, for example, the each data symbol (b'/). By forming a relative value from 
signal processor marketed by AT&T under the type of 55 this reliability information L(b'/) and from each estimate 
DSP 16A. Hardware structure and software of this S of a time slot, the decision of the equalizer is estimated 
signal processor can be learnt from the data and pro- together with the quality factor of the received signal 
posed applications for this signal processor. (cf. for example German Patent Application No. 39 11 

In the exemplary embodiment shown in FIG. lA for 999.8 to which U;S. Pat. No. 5,119,400 corresponds), 
a digital receiver comprising a signal processor, the 60 This is particularly advantageous when data blocks are 
functions of the channel estimator 24, the Viterbi equal- protected by means of channel encoding and distributed 
izer 25, the arrangement 27 for folding the data sequen- over various time slots (interleaving) in the future Pan- 
ces and the summation circuit 28 described with refer- European mobile radio system mentioned hereinbefore, 
ence to the first exemplary embodiment are performed By means of this transmission redundancy any more 
by the signal processor 100. The digitized sample values 63 probable data symbol can then be selected. When stan- 
delivered by the analog-to-digital converter are buff- dardizing the reliability information L(b'y) at S, the 
ered in a sub-area of a random access memory (RAM). reliability of the channel decoding in so-called soft deci- 
When implementing the receiver concept described sion decoding is considerably enhanced. 
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It wil] be self^vident that the described fonnatios of estimate (S) is weighted in accordance with said energy 

the quality factor b not restricted to digital radio trans- content 

mission systems only. Also with wire-bound data trans- 5- A receiver as claimed in claim 7, comprising means 

mission, for example, through glass fibres or coaxial for detecting said data symbols (b'), 

cables, signal distortions occur which lead to input 5 characterized in that the receiver comprises means 

signals that have different receiving qualities. Also in forming reUability information for said detected 

these transmission systems an estimate or quality factor data symbols weighted by said estimate (S). 

featuring the receiving quality can be determined in the ^ receiver ^ damied m cbxm 9, compnsmg a 

manner described hereinbefore. program<ontroUed processor, characterized m that 

I claim* ^ estimate (S) is detenmned by said processor. 

1. A receiver for dau transmitted over a transmission A receiver as claimed in claim 10. characterized in 

cbannet in which data as transmitted contain a transmit- P'«^' » • , ^ . 

^tuuuci m wujwj uaui » uaiuiwi.wu wuumi a uaiuuui j, estimatmg and Said means for deter- 

ted tnunmg daU sequence (X), wherem the recenrer ^ ^ 

comprises means for reccivmg data mcludmg data sym- jj sicnal processor 

bols (bO and a received trmning data sequence (X'), ^ ^ ^ 7^ comprising 

means for stormg a copy of ^d transmitted trammg detecting said data symbols (b'). 

data sequence, and means for estinwting a channel im- characterized in that the receiver comprises means 

pulse response (H(0)) for said transmission channel for determining a quaUty factor Q based on energy 

based on said received training data sequence. 20 content of said received training data sequence 

characterized in that said means for estimating com- (x'), divided by said estimate (S). 

P^^^* 13, A receiver as claimed in claim 12, comprising a 

means for determining an estimated sequence (Y) program-controlled processor, characterized in that 

based on the estimated channel impulse response ^id estimate (S) is determined by said processor, 

and said copy of the transmitted training data se- 25 14. A receiver as claimed in claim 13, characterized in 

quence, and that said processor is a signal processor, and 

means for determining a degree of match of said esti- said means for estimating and said means for deter- 

mated sequence with said received training data mining an estimated sequence form part of said 

sequence. signal processor. 

2. A receiver as claimed in claim 1, characterized in 30 15. A receiver as claimed in claim 1, characterized in 
that said means for detennining an estimated sequence that the receiver comprises at least two receive loops 
(Y) folds said copy of the transmitted training data (A, B), 

sequence with the estimated channel impulse response. means for sampling one of said loops to provide sam- 

3. A receiver as claimed in claim 2, characterized in pie values (Zo, Zb), 

that for the degree of match an estimate (S) is formed 35 means for calculating estimation criteria (Sa, Sfr) char- 

which describes the receiving quality. acteristic of the receiving quality, and 

4. A receiver as claimed in claim 3, characterized in means, responsive to said estimation criteria, for se- 
that the estimate (S) is formed from a sum of the squared Meeting said sample values of one of said receive 
differences between corresponding elements of the csti- loop* fiirther signal processmg. 

mated sequence (Y) and the received training data se- ^ ^ for data transmitted over a transmis- 

Quence (X') charmel m which data as transmitted contam a 

5. A receiver as claimed in claim 4, characterized in transmitted training data sequence (X) wherein the 
that for the formation of the squared differences a num- ^^5^?" for receiving data mcludmg 
ber of elements are taken fr7m the middle of the esti- » received trammg data sequence 
mated and the received training data sequences (Y, X'). 9^\^^ stormg a copy of said transmitted tram- 

^ . 1 • J • 1 • B I. * • Lj • ing data sequence, and means for estimatmg a channel 
6 A receiver as clamicd m c ami 5, charactcrued m ,J ^^^^^ transmission chamiel 
that the receiver compnses at least two receive loops siu^ received training data sequence, 
(A, JJ), ^ , .J characterized in that said means for estimating corn- 
means for samplmg one of said loops to provide sam- jq prises: 

pie values (Ztf, Z*), ^ means for detenmning an estimated sequence (Y) 

means for calculatmg estimation cntena (S^, St) char- ji,^ estimated channel impulse response 

acteristic of the receiving quality, and ^opy of the transmitted training data se- . 

means, responsive to said estimation criteria, for se- quence, and 

lecting said sample values of one of said receive 35 jj^^^^ for forming a sum of squared differences be- 

loops for further signal processing. i^^cn corresponding elements of said estimated 

7. A receiver as claimed in claim 1, characterized in sequence and said received training data sequence, 
that said means for detennining a degree of match pro- determining a degree of match of said esti- 
vides an estimate (S) which describes receiving quality. mated sequence with said received training data 

8. A receiver as claimed in claim 7, characterized in 60 sequeiice based on said sum. 

that said means for estimating further comprises ineans 17. A receiver as claimed in claim 16» characterized in 

for determining an energy content of said received that said corresponding elements are taken from the 

training data sequence, said energy content being based middle of said estimated and said received training data 

onasummationofsquared values of individual elements sequences. 

X'l of said received training data sequence (X*); and said 65 • • » ♦ ♦ 
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